The modeling of the grain to grain shear stiffness within the larger Biot-Stoll plus contact squirt flow and shear ͑BICSQS͒ model ͓N. P. Chotiros and M. J. Isakson, J. Acoust. Soc. Am. 116͑4͒, 2011Am. 116͑4͒, -2022 assumes Poiseuille flow, which must become invalid at high-frequencies. Specifically, the viscous shear drag term will be unphysically large. A correction is introduced based on Biot's solution for oscillatory flow between two parallel plane boundaries ͓M. A. Biot, J. Acoust. Soc. Am. 28, 179-191, 1956͔. Although the original solution was derived for oscillatory fluid flow relative to stationary parallel plane boundaries, it can be readily adapted for oscillatory motion of the boundaries in opposite directions relative to the fluid, as in shear drag at the grain to grain contact. This correction extends the frequency range of the BICSQS model. Theoretical results, with and without the correction, will be compared. Work supported by the Office of Naval Research, Ocean Acoustics. The inversion of the acoustic properties of gassy sediments presents the optimum manner of determining the in situ distribution of sediment-based methane bubbles. An in situ device that measures both compressional wave attenuations and combination-frequency components in gassy sediment lying within 2 m of the seabed has been developed at the University of Southampton. This device was deployed at an inter-tidal site along the South coast of England. Compressional wave attenuations were measured from 10 to 100 kHz though the analysis of propagation signals transmitted from a variety of sources to a buried co-linear hydrophone array, with propagation distances spanning 0.5 to 2 m. Measured attenuations were inverted to infer in situ bubble size distributions using both established and new acoustic models for gassy sediment. The analysis and results of the combinationfrequency component are described in a companion paper. Resonances in small rooms may lead to inadequate frequency responses. In rooms, where the exigencies on the listening conditions are important, these resonances may cause non wanted coloration effects, which implies a non desirable sound quality. By choosing the right shape and dimensions it is possible to reduce the audible effects of these resonances. The presented methodology aims to determine the shape and size of small and medium polygonal-shaped rooms based on the finite element method for modeling the physical acoustic behavior of the room; a neural network for loudness estimation and genetic algorithm for estimating the optimal dimensions. A comparison with previous techniques used to choose the dimension of rectangular room is also presented. Many spaces have curved walls or ceilings. With improved building technology and new fashions in architecture ͑blobs͒ there is an increasing number of problems due to the acoustic reflections by these surfaces. Sound reflected by concave surfaces will concentrate in a narrow area. In practical applications of room acoustics these curved surfaces will be calculated with mirror imaging or ray tracing programs, in which the structure is modeled by flat segments. Alternative is a geometrical approach. Both methods do 3442 3442
Resonances in small rooms may lead to inadequate frequency responses. In rooms, where the exigencies on the listening conditions are important, these resonances may cause non wanted coloration effects, which implies a non desirable sound quality. By choosing the right shape and dimensions it is possible to reduce the audible effects of these resonances. The presented methodology aims to determine the shape and size of small and medium polygonal-shaped rooms based on the finite element method for modeling the physical acoustic behavior of the room; a neural network for loudness estimation and genetic algorithm for estimating the optimal dimensions. A comparison with previous techniques used to choose the dimension of rectangular room is also presented. Many spaces have curved walls or ceilings. With improved building technology and new fashions in architecture ͑blobs͒ there is an increasing number of problems due to the acoustic reflections by these surfaces. Sound reflected by concave surfaces will concentrate in a narrow area. In practical applications of room acoustics these curved surfaces will be calculated with mirror imaging or ray tracing programs, in which the structure is modeled by flat segments. Alternative is a geometrical approach. Both methods do not correspond to reality. The only valid calculation method is the calculation from a wave extrapolation method. It is shown that a theoretical correct solution of the sound field by curved surfaces is possible. A fairly simple expression for the sound pressure in the focal point is found and a more complicated description of the reflected sound field by small curved surfaces is presented. With these results the sound field in field applications can be calculated.
2:40 3pAA3. Calculation of temporal evolution of sound pressure levels in rooms, based on diffuse reflection. René Gamba ͑Gamba Acoustique, 2 rue de la découverte, BP 163, 31676 Labege Cedex, France, rene.gamba@acoustique-gamba.fr͒, Guillaume Cazard ͑Gamba Acoustique, 2 rue de la découverte, BP 163, 31676 Labege Cedex, France, guillaume.cazard@acoustique-gamba.fr͒, Claude Senat ͑Gamba Acoustique, 2 rue de la découverte, BP 163, 31676 Labege Cedex, France, claude .senat@acoustique-gamba.fr͒ This paper describes a model which enables the temporal evolution of sound pressure levels in rooms to be calculated. It is built on the assumption that sound waves are totally scattered when reflected by the walls. This model prescribes the sampling of all the surfaces of the room and defines a process of time discretization, process which enables the temporal evolution of energetic exchanges between each sample to be known. Ultimately, the model allows the sound pressure level to be calculated in every point of the room for each time sample ∆t ͑echograms͒. Thanks to the echograms, some useful criterias for room acoustic studies can be evaluated : reverberation time, EDT, D50, C80,... Measurements and calculations have been carried out for different kinds of rooms. We will describe them in the second part of this paper.
3:00 3pAA4. Sound absorption with fibre-free sintered aluminium in combination with thermally activated concrete slabs.
Wouter Rottiers ͑Sonogamma, P.O.Box 49, Heverlee Ambassade, 3001 Leuven, Belgium, info@sonogamma.com͒ Due to increasing ecological awareness and growing requirements of human well-being in working environments, contemporary interior design requires sustainable solutions. Consequently, cooling ceilings are an efficient alternative to conventional air conditioning systems with high energy demands. In order to maintain its thermal efficiency however, the ceiling surface must remain uncovered as much as possible. Conventional perforated or grooved acoustical materials allow for sound absorption only in combination with mineral wool or foam, thus presenting a thermal isolating barrier: they obviously decrease the performance of a thermal ceiling. Porous panels made of pure sintered aluminium offer a conductivity up to 96 kcl " mhC with a thermal radiation of 18.4 W " m 2 K, combined with a broadband sound absorption up to ␣w ϭ 0.7 without the use of any additional thermally isolating material. The panels meet the environmental, hygienic and fire safety requirements: they are fibre-free, non-combustible ͑Euroclass A1͒, rust-, moisture-and chlorine-proof and can be recycled. The unvisible porosity does not give away the outstanding acoustical qualities. Available in several designs and any colour, the sheets are optically identical to a plain, matt aluminium panel. Several possible configurations are discussed. 
3p WED. PM
The auditory brainstem response ͑ABR͒ has been reported in a variety of mammalian species. I have published ABR studies in mammalian species including humans, gerbils, cats, rats, bats, and mice. In many cases, the non-human work was designed to extend observations made in humans. I will discuss data that addresses the variability in the slope of the ABR latency"intensity function across animal species. I will compare ABRs in humans and in gerbils to stimulus manipulations such as click level, click rate, noiseburst risetime and level of masking noise. I will discuss the effects of high stimulus rates across age in the kitten"cat, and compare this to reports in humans from the literature. I will end by discussing my views of the advantages as well as the challenges of using animal models when interested in human normative or pathologic processes.
Contributed Paper
2:40 3pAB3. Arbitrary evoked potentials: using AEPs to measure hearing in fishes. David Mann ͑University of South Florida, College of Marine Science, 140 7th Ave. S., St. Petersburg, FL 33701, USA, dmann@marine .usf.edu͒, Randy Hill ͑University of South Florida, College of Marine Science, 140 7th Ave. S., St. Petersburg, FL 33701, USA, randyjhill@yahoo .com͒ Auditory evoked potential ͑AEP͒ techniques have become commonly used to measure hearing of a wide variety of animals. However, there is no standard way of defining a threshold from auditory evoked potential data. There are two arbitrary factors affecting the precision of AEP data: the number of sweeps averaged together to detect the AEP, and the method of calculating a threshold from the AEP data. While these arbitrary factors do not invalidate comparative studies where these variables are standardized, different laboratories use different techniques. We describe sources of variation in estimating thresholds using evoked potential techniques using the goldfish as an example. There was little variation in AEP thresholds due to variation in electrode placement or in the method of arbitrarily assigning an AEP threshold. The largest variation was due to differences in the number of sweeps averaged. Under controlled conditions using the same goldfish in the same test tank with the same number of sweeps averaged, AEP's better predicted behavioral thresholds at high frequencies than low frequencies. Since averaging reduces uncorrelated background noise ͑neural and electrical͒, it should theoretically be possible to obtain AEP measurements below behavioral thresholds with enough sweeps averaged together. While much has been previously learned about the echolocation performance and characteristics of the outgoing signals of echolocating dolphins and small whales, we have measured hearing using evoked potentials during echolocation. We have found that: ͑1͒ the whale may hear her loud outgoing clicks and much quieter returning echoes at comparable levels, ͑2͒ the whale has protective mechanisms and hears her outgoing signals at a level about 40 dB lower than similar signals presented directly in front of her, ͑3͒ when echo return levels are lowered either by making the targets smaller or by placing the targets farther away -without changing the levels of her outgoing signals, the hearing of those echoes remains at almost the same level, ͑4͒ if targets are made much smaller and harder to echolocate, the animal will increase what she hears of her outgoing signal -as if to heighten overall hearing sensitivity to keep the echo level hearable, and ͑5͒ the animal has an active 'automatic gain control' mechanism in her hearing based on both forward masking that balances outgoing pulse intensity and time between pulse and echo and active hearing control. Overall, hearing during echolocation appears to be an actively changing process.
Invited Papers
The clavichord is generally considered as the most sensitive and subtle among keyboard instruments. The player"instrument interaction is very direct: the mechanism is reduced to as simple lever, allowing for a direct contact between the finger and string through the key. Key velocity, two string-tangent contact signals, radiated acoustic signal have been synchronously measured for about 10 dynamic nuances and all the notes of four instruments ͑a 51 notes unfretted instrument, after a German XVIIIth century model, a 51 notes fretted instrument after Hubert ͑1754͒, a 45 notes fretted instrument, after a German XVIIth century model, a 37 notes fretted instrument after a medieval model͒. The instruments can be portrayed in terms of dynamic range, tonal"spectral colour and sound decay time. As for the dynamics, there is some evidence for a linear relationship between sound pressure level and the velocity of the tangent; and an almost constant spectral richness independently of loudness ͑in contrast with e.g. the piano͒. A simple model of the tangent"string interaction is proposed. This model reproduces well the behaviour of experimental data, and it may explain why sound quality of the clavichord depends much on the player's ability. 221 avenue Jean Jaures, 75019 Paris, France, sleconte@cite -musique.fr͒, François Ollivier ͑UPMC Univ Paris 06, CNRS UMR 7190 Institut Jean Le Rond D'Alembert, 2 Place de la Gare de Ceinture, 78210 Saint Cyr l'Ecole, France, frol@ccr.jussieu.fr͒
The Music Museum in Paris recently acquired a harpsichord made by Ioannes Couchet in 1652 in Anvers. As a masterpiece this instrument is considered as a ЉNational TreasureЉ and therefore protected. A challenging problematic has risen when its restoration was decided since the aim was to play this instrument again in concert. In the objectives of increasing our understanding of the harpsichord ageing, improve a numerical model currently in process and develop a diagnostic method for conservation, an experimental modal analysis of the soundboard was performed by processing its sound field. A non intrusive method, the Impact Planar Nearfield Acoustic Holography, was used. This technique, developed by the authors, implements the well known inverse method NAH on the basis of the acoustic impulse response field and is well adapted to modal analysis. NAH is performed here in unusual conditions compared to literature, as they are far from the ideal: unbaffled source, low sound pressure level, unusually large measurement distance, preponderance of evanescent waves. An additional challenge was to muffle strings, as they should not be removed nor slackened. However, a very satisfying modal decomposition for ͓30-1500Hz͔ bandwidth is obtained. Results are confronted with literature and an energetic analysis is proposed. Almost every baroque violin, including those of Stradivarius etc, was extensively modified during the conversion to the romantic or modern configuration. What were the acoustic and playing changes? To answer this question, independently of the confounding factors of wood and manufacture, a baroque violin was made and subjected to acoustic and playing tests, before and after ͑i͒ replacement of the neck and fingerboard with longer, heavier more inclined parts, ͑ii͒ replacing gut with modern nylon-cored strings. Other changes were also made, including bridge style and position, bass bar and soundpost sizes and bow used. Loudness ͑Saunders plot͒ was not greatly changed, except for the E string with a long string length. Some acoustic features survived the changes, and professional baroque and modern style players reported that the instrument preserved some of its ЉpersonalityЉ. Comparisons were made with modern gut strings used by professional baroque players. As well as the acoustic differences, player assessments of bright"dull, full"thin, open"closed, ease of response, evenness, dynamic range are reported. Averaged over all ratings, the players ranked the romantic set up slightly better than the baroque ͑78% vs 71%͒. Although it seems obvious to violinists that vibrato has a large influence on the perception of violin tone quality, published studies of violin vibrato have mainly concerned its influence on the sound from a scientific point of view, i.e. the characterisation of its time-frequency properties. Work will be described to explore the link between the perception of vibrato notes, the extent of frequency modulation and the level of damping of the resonance modes of the violin. Damping influences the ЉpeakinessЉ of the frequency response function. The test methodology is based on liveliness ratings and triadic comparisons, where subjects have to select the most similar and the most different pair in each triad ͑presentation of three sounds͒. The sounds of the corpus are synthesised using sawtooth waves with frequency modulation, whose amplitude is varied, filtered through a set of admittances corresponding to a reference violin and two modified violins, one with the damping of all modes increased, the other one with the damping decreased. The paper describes the most recent experiments developed on violins with different mounting ͑baroque, classical, modern͒ and specifically oriented to the dynamic forces analysis in significant points of the instruments. The vibrational behaviour of the soundboards are strongly influenced by the dynamic forces transmitted from the bridge: they are related also to the tension of the strings. An original testbench conceived to forces measurement has been set up: tensions on strings, forces detected under the bridge and deformations on the fingerboard and on the tailpiece are, in particular, monitored by means not intrusive thin-film tactile pressure measurement devices, micro load cells and micro strain gauges. Mapping of forces and strains are acquired in real time playing the instrument; the paper reports comparisons between differently mounted violins, playing notes under different techniques: continuous ͑ЉtenutaЉ͒ , ghost ͑ЉstrappataЉ͒, ЉdetachetЉ. Experiments are developed using different kind of strings ͑bowels, metallic,...͒. The results are used as input for experimental dynamic analyses and tests of the soundboard: in addition, they can be correlated to the acoustic response of the instrument.
3:20 3pMUa6. Shaping and understanding sound: Violin makers, musicians and scientists from Renaissance to Romantism. Anne Houssay ͑Cité de la musique, 221, avenue Jean Jaurès, 75019 Paris, France, ahoussay@cite-musique.fr͒
The training of instrument-makers in Renaissance Italy is linked to a rediscovery of theoretical works on physics and sound as well as to some new tools and skills. Then, the development of physics in the seventeenth and eighteenth century lead the establishment of acoustic as a modern science, with the distinction of partials from harmonics. The Љwestern worldЉ has given explanations on vibrations, modes and then elasticity theories, some of which have been included into general knowledge. By times, links between scientists and makers have developed and have participated to the development of musical instruments. Traditional violin makers are craftspeople, and they construct instruments by choosing step by step between many possibilities from the drawing of the model and the choice of materials, to the cutting out of the shapes to create air volumes and vibrating facings. Their parameters are the dimensions, shapes, weight, elasticity, quality and duration of sounds and notes. The test for judging the results is the playing of the instrument by a very competent musician. We will explore, with a point of view of the historian of techniques how the meeting of different cultures and knowledge have transformed the instruments from the Renaissance to the begining of the 19th century. The vibration of a reed of a saxophone is calculated using a 2D model of the mouth cavity, the mouth piece and the reed. The time-dependent FiniteElement calculation takes the flow-structure interaction into account and changes the geometry of the flow according to the reed vibration in time.
Session 3pMUb
The model is used to study the flow behaviour, pressure distribution, reed vibration and reaction to disturbances of the system. A constant pressure is assumed at the mouth cavity to simulate the pressure of the player's lungs. During the time-dependent process, an impulse is modeled at the end of the mouth piece travelling back from the end of the tube. The damping of the reed was changed to study the reed behaviour. Hard damped reeds show a simple and stable impulse behaviour causing a clear pressure impulse. When the damping is decreased, the impulse coming back from the end of the tube causes the reed not only to open and close but also to show additional vibrations caused by the interplay of the reed's eigenfrequencies and the pressure acting on the reed. These are more or less independent of the travelling impulse and so are a sound characteristic of the reed itself independent of the played note and used articulation.
2:00 3pMUb2. Aspects of vibrato and micromodulation in double reed instrument sounds. Michael Oehler ͑Institute for applied Musicology and Psychology, Saarstrasse 1A, 50677 Koeln, Germany, michael.oehler @iamp.info͒, Christoph Reuter ͑University of Cologne -Musicological Institute, Beethovenstrasse 4, 50674 Koeln, Germany, info@chr-reuter.de͒
The perceived naturalness of real and synthesized oboe and bassoon vibrato sounds has been investigated in several perception experiments. The stimuli were generated by means of a currently developed synthesis and analysis framework for wind instrument sounds ͑first presented at 152nd ASA meeting͒, based on the pulse forming theory. The framework allows the control of amplitude and frequency parameters at different sound production levels. The stimuli were rated by 60 subjects from ЉnaturalЉ to ЉunnaturalЉ. A conducted ANOVA showed ͑pϽ.01͒ that the different types of modulation significantly affect the perceived naturalness of vibrato sounds: The synthesized stimuli with combined pulse width and cycle duration modulation ͑source modulation͒ are perceived as natural as the real sounds. The subsequently modulated synthesized stimuli ͑AM and"or FM near the end of the signal path͒ are perceived significantly less natural ͑pϽ.01͒. The results support the hypothesis, that source-affected timbre modulation is an important factor for the perceived naturalness of oboe and bassoon vibrato sounds. The use of the developed framework for wind instrument sounds is an alternative method to analyze ͑micro-͒modulation effects. Further investigations may be useful for exploring new sound synthesis algorithms as well as for other experiments in the field of timbre research. The influence of mean flow on the transmission properties of wind instruments has traditionally been neglected due to the range of Strouhal numbers in which this family of instruments normally operate. However, this topic has gained considerable interest among the musical acoustic community during the last decade due to the appearance of new outcomes in research on duct acoustics. Nevertheless, very few contributions have investigated the effect of the mean flow on the transmission properties by taking into account the physical characteristics and dynamic peculiarities of wind instruments. The goal of this work is to present a numerical investigation of the influence of the mean flow on the end correction and on the magnitude of the reflection coefficient for different geometries and Strouhal numbers normally found in wind instruments. The results suggest that, excepting for a few cases, the mean flow can indeed be neglected and the aforementioned transmission properties can be described by the quiescent flow theory. The need to keep long wind musical instruments compact imposes the bending of portions of the air column. Although manufacturers and players mention its effects as being significant, the curvature is generally not included in physical models and only a few studies, in only simplified cases, attempted to evaluate its influence. The aim of our study is to quantify the influence of the curvature by modelling the wave propagation in an air column with a multimodal formalism. In a duct with a circular cross-section and a finite curvature, two infinite sets of coupled first-order differential equations are constructed for the components of the pressure and axial velocity, projected on the local transverse modes. From these an impedance matrix is defined, which can be easily calculated, particularly when considering a duct with a piecewise constant curvature. Influence of the curvature on the input impedance, effective length, or playing frequencies is then quantified, displaying notably a dependence to frequency such that, compared to an equivalent straight tube, the shift in resonance frequencies in a tube with bent sections is not always positive, as generally stated. Results are independently corroborated by numerical -finite differencescomputations.
3p WED. PM
3:00 3pMUb5. Numerical investigations of the bassoons aeroacoustic. Andreas Richter ͑Technische Universität Dresden, Institute for Aerospace Engineering, 01062 Dresden, Germany, andreas.richter4@tu-dresden.de͒, Roger Grundmann ͑Technische Universität Dresden, Institute for Aerospace Engineering, 01062 Dresden, Germany, roger.grundmann@tu-dresden.de͒ Solving the compressible, unsteady Navier-Stokes equations allows us to track single traveling waves in conjunction with a nonuniform superposed mean flow. Significant physical phenomena like wave steepening, viscothermal losses and acoustic streaming can be investigated. This may be helpful to understand the acoustical characteristics of different geometries, especially in musical woodwind instruments. Since acoustic perturbations are usually small compared to the driving pressure, the solution demands highorder accuracy and appropriate boundary conditions. We present a collection of our numerical results based on two-and threedimensional simulations of the aeroacoustic behavior inside the bassoon. This includes both simulations of the whole instrument under real playing conditions and also numerical studies of subsections of the instrument like tone holes. Here especially viscothermal effects are analyzed. Nonlinear effects like acoustic streaming which is primarily present in the crook of the instrument are also investigated and discussed. Flow field measurements based on Particle Image Velocimetry and pressure measurements inside and outside the instrument are performed to validate the earned results and show a good agreement between measurements and numerical results.
3:20 3pMUb6. Analysis of the timbre of Slovak folk reed aerophones using source-filter model. Milan Rusko ͑Institute of Informatics of the Slovak Academy of Sciences, Dubravska cesta 9, 845 07 Bratislava, Slovakia, milan.rusko@savba.sk͒ Bagpipes are the only group of traditional folk reed instruments that have survived in Slovak folk culture until now. Unlike Scottish highland pipe, gaita, cornemuse etc., all the types of Slovak bagpipes use single reeds in both chanters and drones. Moreover the horns of the drones are partly closed with a plate having only a small opening for air output and sound radiation. This forms a Helmholz-like resonator -acoustic filter having a strong influence on the acoustic and aesthetic properties of the sound. The ideal of the sound timbre of these pipes is Љless openЉ ͑compare to open and closed vowels in speech͒ and, in spite of its relatively high loudness, Љless agressiveЉ in comparison to pipes with open horns. This paper presents our approach to study the ideal of sound timbre of the Slovak bagpipe using a source-filter all-pole model. To identify resonance frequencies"formants, we applied inverse filtering technique using discrete linear prediction. Some properties of the source ͑reed͒ were studied using parameters like amplitude qutient and open quotient. The possible relations between timbre of speech sounds ͑vowels͒ and the timbre of the sound of musical instruments are discussed. The HYENA study is a multi-centred study regarding the effects of aircraft noise and road traffic noise on blood pressure ͑BP͒ which was funded by the European Community. Study subjects were 4,861 males and females aged between 45 and 70 years, who had lived for at least 5 years in the vicinity of any of six major European airports. Aircraft noise contours and road traffic noise levels were modelled using the Integrated Noise Model ͑INM͒ and national calculation methods. The noise levels were linked to each participant's home address ͑most exposed façade͒ using graphical information systems ͑GIS͒. Noise annoyance was assessed using the 11-point ICBEN scale. High blood pressure was determined by measurements of systolic and diastolic blood pressure, anti-hypertensive medication and self-reported doctor diagnosed hypertension. The focus here is on the effects of road traffic noise. The road traffic noise level ͑LAFm, 24 hours͒ and noise annoyance due to road traffic noise were both significantly associated with high blood pressure. The association between road traffic noise and high blood pressure was stronger for the road noise level than for the road noise annoyance ͑90th percentile vs. 10th percentile of the exposure distributions͒. The acoustics literature documents a number of field studies in which aircraft noise was measured in people's bedrooms while their awakening was simultaneously monitored. Nearly all the field studies produced a doseresponse relationship between noise and an awakening response. These dose-response relationships generally show good agreement with each other. Virtually without exception, however, these dose-response relationships pertain to ͑1͒ the indoor noise dose produced by a single aircraft flyover and ͑2͒ the chances that the noise dose will awaken an average person. These doseresponse relationships are too limited for application to a full night of operations and to a realistic population of varying individual sensitivities to noise-induced awakenings. The dose-response relationships do not account for multiple aircraft exposures during the night or for person-to-person variation in how deeply different people sleep. This presentation first briefly reviews a method previously reported for applying the study data to a full night of operations, accounting for time of night and for individual sensitivity to awakening. It then compares percent of population awakened for realistic situations, and shows the effects of including or excluding time of night or individual sensitivities to awakening.
Contributed Paper
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2:20 3pNSa3. Determination of noise sensitivity within an internet survey using a reduced version of the Noise Sensitivity Questionnaire. Barbara Griefahn ͑Institute for Occupational Physiology, Ardeystr. 67, 44139 Dortmund, Germany, griefahn@ifado .de͒
The Noise Sensitivity Questionnaire ͑NoiSeQ͒, that determines noise sensitivity as a moderator of annoyance globally and separately for different everyday activities is with 35 items too long for extended social surveys. This study aimed at the development of a shorter version. Using 429 questionnaires ͑266 women, 163 men, 16-74 yrs͒ three factor analyses were performed leading to the NoiSeQ-R that consists of the three subscales 'Sleep', 'Habitation', and 'Work' with 4 items each. The scores are normally distributed, internal consistency is ␣ϭ 0.87 and test-retest reliability varies between rtt ϭ 0.66 and 0.74 depending on the time gaps that varied between 1 to 37 months. To test the validity the NoiSeQ-R was applied to a field study where 190 residents ͑102 males, 88 females, 17-80 years, median: 51 years͒ in the vicinity of a large airport rated their chronic annoyance ͑for the previous 12 months͒ and their actual annoyance hourly during four consecutive days. As expected, noise sensitivity did not correlate with the individual noise load but significantly with annoyance and with age. Thus the NoiSeQ-R, which is available in ten languages, is regarded as a reliable and valid instrument which can be easily applied in even extended surveys. The impact of aircraft noise on sleep disturbance is not accurately assessed by cumulative noise metrics that are often used to predict community impact, such as L dn , because sleep disturbance is highly dependent on the noise level of individual events. Most existing sleep disturbance models are dose-response relationships that relate the noise level of individual events, as measured by SEL(A) or L A max to the percent awakened, and independence of responses to individual events is assumed. There are a few models that also incorporate additional parameters such as time of night and noise sensitivity, and some that predict the impact of noise on sleep structure. In order to determine whether a model should be used as a general aircraft noise sleep disturbance prediction tool, its performance in a variety of situations must be evaluated. Data was collected from a number of sleep disturbance studies and comparisons were made between responses and model predictions of awakenings and sleep stages. The sufficiency of the collected data for estimating the parameters of more complex models of sleep disturbance is also discussed.
Contributed Paper
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3:00 3pNSa5. Effects of a hearing aid noise management feature on user perception and performance under noise. Lauren M. Ronsse ͑University of Nebraska -Lincoln, 1110 S. 67th St., Omaha, NE 68182-0681, USA, lronsse@mail.unomaha.edu͒, Lily M. Wang ͑University of Nebraska -Lincoln, 1110 S. 67th St., Omaha, NE 68182-0681, USA, LWang4@UNL.edu͒ This paper presents the effects of a hearing aid noise management feature on user perception and performance under noise. Hearingimpaired subjects were exposed twice to seven different noise signals which simulate common mechanical system noise, once with the noise management feature enabled and once disabled. The seven noise signals vary in terms of level and spectral quality, but are all within the range of background noise conditions found in commercial offices. Performance is gauged on three types of tests ͑math, verbal and typing͒, while subjective perception is measured via a subjective questionnaire. The results of this investigation will show if the hearing aid noise management feature reduces detrimental effects caused by background noise. Additionally, the data from hearing3p WED. PM impaired subjects are compared to those from normal-hearing persons to assess if significant differences are present between the two groups. If so, they may lead to the development of different standards for noise criteria levels in spaces designed for the hearingimpaired. ͓Work supported by a Univ. of Nebraska Layman Award and an ASHRAE Graduate Student Grant-in-Aid͔ The procedures from the standards ISO 1996-2 and DIN 45681 as well as the two procedures ͑TNR and PR͒ from ISO 7779 are compared. In the first section, characteristic features of the procedures ͑e.g. signal analysis parameters, degree of automation and characteristics of the prominent discrete tone analysis͒ are compared. In the second section, the procedures are applied to approximately 70 sound samples. Besides natural sounds ͑e.g. from machines͒, synthetic sounds ͑e.g. peak in a trough͒ are also used. The results are compared against assessments of the sounds by human subjects. The results of the comparisons are discussed, with special attention paid to cases where significant deviations occur. The third section looks at the results of the comparisons under the aspect of requirements for a standard ͑e.g. robustness, precision͒. Overall it was determined that none of the procedures investigated provides optimal results for all sound samples. Since 1979 the Danish Environmental Protection Agency's Reference laboratory for noise measurements have arranged proficiency testing for the around 30 approved Danish laboratories that are measuring environmental noise. Many of these Љcomparison measurementsЉ have included objective analysis of the prominence of audible tones according to the Joint Nordic Methods which are the predecessors and very similar to the method described in ISO 1996 part 2 Annex C. This paper gives examples on ͑computerized͒ analyses of the samples from these proficiency tests and states the uncertainties that can be expected when a number of laboratories with different experience and different types of equipment analyze the same samples. The samples will be available for future reference and can be downloaded from DELTA's homepage.
2:40
3pNSb3. Updates on Prominent Discrete Tone Procedures in ISO 7779, ECMA 74, and ANSI S1.13. Robert Hellweg ͑13 Pine Tree Road, Wellesley, MA 02482, USA, Hellweg@HellwegAcoustics.com͒ There are two alternative procedures for determining if a tone is prominent, i.e. a Љprominent discrete toneЉ in ISO 7779, ECMA 74 and ANSI S1.13: the Tone to Noise Ratio ͑TNR͒ method and the Prominence Ratio ͑PR͒ method. Both of these procedures have been used by the computer industry for more than a decade. Recent revisions to these procedures have refined the calculation of the critical bandwidth and modified the both procedures for low level tones. This paper describes these changes and the rationale behind them.
Examples are presented that demonstrate the features of each procedure. The paper presents an overview on the applicability and limitations of each procedure. Nonstationary sounds that contain broadband noise and tone complexes whose fundamental frequency varies with time are encountered frequently. Aircraft flyovers and machines shifting operating speeds are examples. The tonalness of such sounds is a factor in how annoying they are. Most metrics used to quantify the tonalness of sounds have been developed for stationary sounds and are based on an analysis of spectra. Contributions from individual sinusoids are estimated and either summed or the maximum is taken. When sounds vary, spectral estimation can be problematic due to the conflicting needs to reduce the variance of the estimate, maintain high frequency resolution, and generate spectra at a rate where the varying tonal behavior can be tracked sufficiently. Harmonic complexes are often perceived holistically, having one dominant pitch, thus treating sinusoidal components independently and summing may not be appropriate. Tests conducted to analyze the tonalness of harmonic complexes in noise are described, and an analysis of aircraft flyovers is used to illustrate the issues that need to be addressed when estimating the tonalness of complex time-varying sounds. Noise can be said to be tonal if it contains a distinguishable, discrete, continuous note. This may include a whine, hiss, screech, hum, etc., and any such subjective finding is open to discussion when reported. This is important when it is considered that the likelihood of a noise-provoking complaint depends on its relative level to background, and whether or not it has certain audible characteristics. Fortunately, ISO 1996-2 ͑2007͒ provides objective FFT ͑engineering͒ and 1"3-octave band ͑survey͒ assessment procedures to be used to verify the presence of audible tones if their presence is in dispute. Brüel & Kjaer has implemented the methodology of ISO 1996-2 in relation to assessing the audibility of prominent discrete tones in environmental noise into its innovative 2250 and 2270 hand-held analysers. This paper describes the implementation in hand-held instrumentation. Leading edge spoilers are widely-used for suppressing flow-induced cavity resonance such as buffeting due to open sunroofs in moving cars. Spoilers deflect the grazing flow over the opening into a region of greater flow velocity, thereby increasing the critical velocity. Notched spoilers have been observed to enhance resonance suppression while moving the flow reattachment region upstream, resulting in a decreased drag. The mechanisms involved in the effectiveness of the notched spoiler were investigated experimentally and numerically. Static and dynamic pressures on the surface behind a wall mounted notched spoiler were measured, and the spatial correlations of the measured pressures were compared to those for a spoiler without notches. The span wise pressure correlation was decreased by the presence of the notches, suggesting a breakdown of the span wise leading vortices predominantly responsible for the cavity excitation. Numerical flow simulations were performed using the lattice Boltzmann method ͑LBM͒ with turbulence modeling. Surface pressure results were compared with experimental data to better highlight surface pressure trends. Quietness of passenger vehicle interiors has become a critical-to-quality metric in designing modern passenger vehicles. At the same time, the necessity of bringing fresh designs to market quickly has greatly compressed the development time available to achieve the desired refinement of interior noise and vibration. This has forced manufacturers to place increasing responsibility on analytical simulations in developing countermeasures for noise problems. One aspect of car acoustics that has not received very much attention from the simulation community is the wind noise created by external air flow at speed. Significant contributions to interior loudness can come from underbody air flow, while improvements in simulation efficiency of Computational Fluid Dynamics ͑CFD͒ flow models and Finite Element Analysis ͑FEA͒ vehicle vibration and acoustic models now make it feasible to analytically simulate interior noise caused by wind excitation. This lecture describes a case study where existing vehicle models were adapted to first build a wind load case from CFD, and then to apply it in estimating and reducing interior noise in FEA. Topics to be covered include: spatial discretization of continuous panel pressures, application of random loads to deterministic vehicle FEA models and diagnostic imagery for visualizing noise and vibration responses. The classical theory of aero-acoustics is based on Lighthills acoustic analogy which essentially leads to a wave equation with a source term defined by the flow field. This source term is assumed unaffected by the acoustic field and the resulting model can be seen as a linear model which, e.g., for duct acoustic problems can be formulated as an acoustic multi-port. Such linear aero-acoustic models can be applied to most aero-acoustic problems occurring in engineering practice with the exception of whistling, i.e., situations where the source term is affected by the acoustic field. At KTH this methodology has been applied to a number of applications over the years ranging from cooling and ventilation fans to flow generated noise from ducted orifices ͑valves͒ and air terminal devices. In this paper the experience from these works is summarized and the experimental techniques developed at KTH to characterize linear aero-acoustic sources are described. Recent efforts to extract linear aero-acoustic models from numerical calculations are also addressed. In an automotive cockpit, rattle noises deal with all noise due to normal impacts which radiate as annoying noises for customers. The state of the art shows studies focused on one automotive subsystem, describing the specific associated physic. The method proposed, in this study, is to generate automotive rattle noises using simple geometries. The interest of this approach is to know all the parameters of the system ͑impact location, material, geometries, excitation...͒ and to precisely describe the physical phenomena related to the apparition of rattle noises. Firstly an experimental bench was proposed to generate rattle noises using simple geometries. These rattle noises are similar to those encountered in an automotive environment. This experimental approach allows to measure the vibrational behaviour and the radiated sound of the system under a random impact excitation. Then an analytical model, which describes the experimental approach, is developed to predict the radiated sound, knowing the displacement of the impactor. Numerical and experimental results are compared. Finally, thanks to the experimental approach, a database of rattle noises is created and used to find metrics to quantify the annoyance. Taking into account constraints imposed by the lattice symmetry, we calculate analytically ͓1͔ the phonon dispersion for graphene with interactions between first and second neighbors. We find that the out-of-plane ͑bending͒ modes are not coupled with in-plane modes and described only with two force constants, one of which is determined by the corresponding Raman frequency and another by the smallest elastic constant C44. In contrast to calculations by Saito et al, we find the linear dispersion of the bending ͑out-of-plane͒ mode around the ⌫ point with a small but finite sound velocity ϭ1.57 km"s. The sound velocity of this mode is very sensitive to small variations of the force constants. The sound velocities of in-plane modes are ϭ 20.3 km"s and ϭ13.1 km"s. Because of the lack of information for graphene, we compare the present theory with experiments on graphite. The low phonon frequencies in the critical points turn out less than their values in graphite, since the atoms in graphene are more free to move in the outof-plane direction in comparison with graphite. Accuracy of the comparison can be estimated using the value of the observed splitting of the ZA and ZO' modes in graphite which is around 130 1"cm. ͓1͔ L.A. Falkovsky, condmat"0702409. Magnetic flux can penetrate the type -II superconductor in the form of Abrikosov vortices ͑also called flux lines, flux tubes or fluxons͒ each carrying a quantum of magnetic flux. These tiny vortices of supercurrent tend to arrange themselves in a triangular or quadratic flux-line lattice. Since the vortices are formed by the applied magnetic field, around of each of them the supercurrent flows. Moreover, there also exist some Lorentz force interactions among them. Those interactions form an origin of an additional mechanical ͑stress͒ field occurring in the type-II superconductor. The paper deals with an analysis of elastic ͑acoustic-like͒ wave propagation solely along vortices in a heterostructure consisted of the superconducting layer put on the superconducting substrate. Dispersion and the amplitude distribution of those waves in the vortex field existing in that structure has been presented. The temperature dependent acoustical dissipation due to phonon-phonon ͑p-p͒ interaction, thermo-elastic mechanism and dislocation damping due to screw and edge dislocations have been evaluated in MnO and CoO in fcc ͑NaCl-B1 type͒ phase, in a wide temperature range 50 ഛ T ഛ 500K for longitudinal and shear modes of propagation along three crystallographic directions viz. Ͻ100Ͼ, Ͻ110Ͼ and Ͻ111Ͼ. Electrostatic and Born repulsive potentials were used to obtain second order and third order elastic constants ͑SOEC and TOEC͒, taking interactions up to next nearest neighbours.The SOEC and TOEC obtained at diffrent temperatures have been used to obtain gruneisen parameters and non-linearity or anisotropic parameters which in turn were used to evaluate ͑␣"f2͒ for longitudinal and shear waves. Specific heat ͑as function of Debye temperature͒, hardness parameter, lattice parameter have been used as input data. It has been found that ͑␣"f2͒ increases with temperature and the acoustical dissipation is mainly influenced by p-p interaction.The possible implications of results have been discussed. The wave propagation in periodic systems has received a great deal of attention during the last years. By analogy with the studies driven on photonic crystals, many works were conducted on phononic crystals. In this paper the propagation of elastic waves through a one dimensional chain of beads with grafted stubs is experimentally as well as numerically investigated. The results obtained by both approaches are well correlated and show that the stub introduces a dip in the spectral response of the chain. The numerical analysis shows that this dip is due to the excitation of a stub mode that cancels the transmission from one extremity of the chain to the other. The position and the shape of the dip in the response are related to the geometry and nature of the stub. The results show that it is possible to adjust the position of the dip and open potential applications of these structures for filtering or demultiplexing. Finally first results on periodically grafted stubs in the chain are presented.
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3:20 3pPAa6. Evidence for vortex transport by surface acoustic waves in a high-Tc superconductor. Carsten Hucho ͑Paul-Drude-Institut, Hausvogteiplatz 5-7, 10117 Berlin, Germany, hucho@pdi-berlin.de͒, Munise Rakel ͑Paul-Drude-Institut, Hausvogteiplatz 5-7, 10117 Berlin, Germany, rakel@pdi-berlin.de͒, Arno Wirsig ͑Paul-Drude-Institut, Hausvogteiplatz 5-7, 10117 Berlin, Germany, wirsig@pdi-berlin.de͒, Fabian Jachmann ͑Paul-Drude-Institut, Hausvogteiplatz 5-7, 10117 Berlin, Germany, jachmann@pdi-berlin.de͒
The interaction of surface acoustic waves ͑SAW͒ with the magnetic vortex system in YBa2Cu3O7 is investigated. A 100nm YBCO film is deposited on a piezoelectric substrate and structured for electrical 4-point measurements. Interdigital transducers are fabricated on the same substrate. When applying an external magnetic field perpendicular to the film surface a SAW-induced dc-voltage perpendicular to the acoustic sound-path is observed. This is interpreted as consequence of directed dragging of vortices by the SAW induced dynamic pinning structure ͓1͔. The piezoacoustic wave acts as a conveyor for mobile flux quanta. Additional ac-dc-conversion as result of the nonlinear current-voltage characteristics close to the superconducting transition temperature can be resolved and separated. In order to observe the sound-induced vortex motion directly, the flux distribution is analyzed magnetooptically. Magnetooptic imaging allows for time resolved analysis of flux distribution. Quantitative analysis of changes in the magnetization distribution when acoustic driving fields are applied is carried out. The influence of piezoacoustic waves on the pinning properties and soundinduced depinning is discussed. ͓1͔ F. Jachmann and C. This work deals with a particular breakup mode experienced by cylindrical liquid jets when submitted to an intense transverse acoustic wave. Experiments on low speed water jets ͑Ͻ 1 m"s͒ of diameters 3 mm and 6 mm show that sound waves with a frequency ranging from 500 Hz to 1800 Hz can produce bulges along the jet. When the sound level is high enough, these bulges can trigger an effective atomization mechanism where the jet flattens as a liquid sheet before disintegrating. Sound field can also induce steady deviation of the jet. Both phenomena are theoretically studied. A first model, which treats bulges as outward marks of one particular mode of vibration of the liquid column, is proposed. This model leads to a criterion for the onset of atomization that satisfactorily agrees with experimental observations of the present work. A second analysis identifies deviations as radiation pressure effects. It predicts the direction of experimental deviations with success. Acoustical Vortices ͑AV͒ are acoustical beams with a phase singularity of screw type. They possess a phase with an helical structure which is winding around the axis of propagation. These twists of phase engender special properties such as the existence of an associated angular momentum and imply a coupling between the axial and transverse components of the beam. Propagation of AV of finite amplitude follows the classic rule of nonlinear acoustics. Beyond a shock formation distance, AV develop shocks, but the structure of the latters is noticeable. It will be shown by numerical simulations and experimental measurements, that the nonlinear propagation of AV gives birth to 3D shock waves: a classical shock in the direction of propagation plus an azimutal one in the transverse plane. The numerical simulation, based on an original algorithm solving the 3D Khokhlov-Zabolotskaya equation, is used to investigate the dynamic of the formation of the azimutal shock. Experimental observations made with ultrasonics in water confirm the existence of particular shock waves. Finally, a brief discussion of the potential applications will be proposed. Generating a directed water flow in periodic forming a non-symmetrical acoustic field was experimentally investigated in the work. Periodic acoustic wave field was formed with the help of a vapor-gas bubble pulsing in the hole of a thin diaphragm near a rigid wall. Alternate formation of two water flows moving in opposite directions was found. During the bubble growth stage the flow at velocity V1 was formed in the opposite direction of the plate, and during the bubble collapse stage the flow at velocity V2 was formed towards the plate. By changing the parameter kϭR"r where R was a distance from the hole center to the rigid wall, and r was a hole radius, the possibility to control average values V1 and V2 was shown. It was found that at kϭR"rϭ5.8 V1ϭV2, at kϾ5.8 V1ϾV2, and at kϽ5.8 V1 was less than V2. It was shown that due to variation of the distance between a pulsing bubble and a rigid wall it was possible to control velocity V and direction of the total flow of water through the hole. The maximum value of velocity V reached 40 cm"s in the experiment. It's well known that the harmonic imaging quality can be improved by using sources that radiate narrower and attenuated sidelobe beams. Hence we try to enhance the harmonics' cartography by studying different source's power distributions. We developed a numerical code, using the spectral method, in order to resolve the parabolic wave equation. The numerical results are compared to those given by other researchers in order to validate our algorithm. Two source's power distributions ͑exponential and Bessel beams͒ are studied and compared to the uniform case. The use of exponential source leads to harmonics diagrams without sidelobes neither nearfield oscillations. But the beam width is increasing with propagation. The Bessel 3p WED. PM source presents a limited diffraction beam. The beam width is almost constant throughout the nearfield and the transition zone. The sidelobes have a weak level in the fundamental curves and they don't appear in the second harmonic ones. Since Rayleigh and Brilloin, the acoustic radiation pressure has been the subject of several theoretical works, but of few quantitative tests. Whereas the radiation pressure acting on perfectly reflecting or perfectly absorbing solid targets is commonly used for the calibration of high intensity focused ultrasonic beams, it has never been quantitatively studied on acoustically transparent interfaces. Using an acoustically transparent liquid-liquid interface deformed by the radiation pressure of a focused, continuous wave beam, we have tested the theory of the acoustic radiation pressure acting on transparent interfaces for the first time. At large intensity, depending on the direction of propagation of the beam, we observe surprising interface shapes such as drop emitting jets and Љnipple-likeЉ deformations.
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Psychological The author ͓Applied Acoustics, 68, 835-850 ͑2007͔͒ proposed a parametric HRTF model for vertical sound localization. The parametric HRTF is recomposed only of the spectral peaks and notches extracted from the measured HRTF. The results of the median plane localization tests, which were carried out using the parametric HRTFs with various combinations of spectral peaks and notches, show that the pair of first and second notches ͑N1 and N2͒ above 5 kHz can be regarded as spectral cues. In this research, estimation of the elevation of sound source in the upper median plane by extracting N1 and N2 frequencies from binaural input signal was carried out. The kinds of sound sources were female voice, male voice, music, white noise, and pink noise. The results show that the estimation is accurate for almost of all the elevation and of all the kind of sound sources. When a signal is added to noise in the NoS binaural configuration, a reduction in interaural cross-correlation ͑IACC͒ occurs at the signal frequency. Increases in tone intensity produce decreases in IACC. Consistent with this relationship, direct manipulations of IACC can result in the perception of an added signal and progressive reduction in IACC produces progressive increases in the loudness of this signal ͓Culling et al. 2001 J. Acoust. Soc. Am. 110, 1020-1029͔. In the present study, a narrow sub-band of noise ͑460-540 Hz͒ embedded within a broadband ͑0-3 kHz͒ diotic noise was manipulated in both intensity and IACC in a 3-interval, odd-one-out task. In the reference intervals, IACC was zero and the spectrum was flat. In the target interval, both the IACC and the intensity of the target band were incremented. These increases have opposing effects on loudness. Correct identification of the target interval followed a U-shape as a function of the size of intensity increment. The minimum of the function was at chance performance, indicating that the opposing cues were fully traded. Experiments were performed to study the effect of the presence of interaural level differences ͑ILDs͒ on binaural detection abilities. The subjects had to detect an interaurally out-of-phase 500-Hz tone in the presence of a diotic noise masker that had a bandwidth of either 1 kHz, 100 Hz or 10 Hz. Experiments were conducted for both frozen and running-noise conditions and ILDs up to 30 dB were applied to both signal and masker. The results indicate an ILD dependency that varies with the bandwidth of the masker. Furthermore, with increasing ILDs, the difference in detection thresholds between frozen and running-noise conditions was larger for narrow-band noise conditions. Similar observations were made by previous investigations on the influence of reduced masker correlation. Both data sets are compared in order to find possible similarities in the mechanisms involved in the detection tasks. Prior knowledge of where to listen significantly improves speech recognition of target sentences presented in the presence of distracter sentences coming from different locations ͓G. Kidd et al., J. Acoust. Soc. Am. 118, 3804-3815 ͑2005͔͒. The present study extended the work of Kidd et al. by measuring the effect of a target's motion on its recognition when competing messages are present. In an anechoic chamber normal-hearing subjects were presented with three simultaneous sentences from the CRM corpus and were instructed to indicate key words from the target sentence ͑identified by a call-sign previously known to the subject͒. In the stationary condition the three sentences came from -60°, 0°, and ϩ60°azimuth. In the moving condition, the target source moved during its on-time ͑e.g., from -60°to 0°͒ while the two distracter sentences were stationary ͑e.g., at Ϯ60°͒. In both cases, subjects either knew in advance where the target would be ͑Certain Condition͒ or did not know ͑Uncertain Condition͒. It is hypothesized that motion of the target will result in a release from informational masking. That is, the detrimental effect of location uncertainty observed with the stationary targets will be reduced or eliminated when the target is moving.
3:20 3pPPa5. Frequency selectivity in diotic and dichotic masking conditions for normal-hearing and hearing-impaired listeners. Marc Nitschmann ͑Universität Oldenburg, Medizinische Physik, Carl-vonOssietzky Str. 9-11, 26111 Oldenburg, Germany, marc.nitschmann @uni-oldenburg.de͒, Jesko Verhey ͑Universität Oldenburg, Medizinische Physik, Carl-von-Ossietzky Str. 9-11, 26111 Oldenburg, Germany, jesko.verhey@uni-oldenburg.de͒, Birger Kollmeier ͑Universität Oldenburg, Medizinische Physik, Carl-von-Ossietzky Str. 9-11, 26111 Oldenburg, Germany, birger.kollmeier@uni-oldenburg.de͒ Previous studies argued that, for broadband maskers, the operational binaural critical bandwidth is similar to the monaural critical bandwidth. The aim of the present study was to test this hypothesis using the notched noise paradigm. Thresholds were measured for a diotic masker and a signal that was either in phase or had an interaural phase difference of 180 degrees. For comparison, thresholds were also measured for a broadband masker ͑without a notch͒ at various masker levels to account for possible level effects of the binaural masking level difference ͑BMLD͒. Normal-hearing and hard-of-hearing listeners with various degrees of sensorineural hearing impairment participated in the experiment. For all subjects, the thresholds decreased faster for the diotic than the dichotic signal as the notch width increased. The comparison with the data for the broadband masker indicated that this decrease of the BMLD is not due to the decrease of masker level within the auditory filter centered at the signal frequency. The thresholds can be predicted by an equalization-cancellation model assuming a slightly broader auditory filter in the dichotic masking condition. A possible realization of this different binaural auditory filter shape is adding to the onfrequency filter fractions of the adjacent filters.
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The effects of hypobaric pressure chamber exposure was measured in noise in ten patients with monaural fluctuating low-frequency hearing loss ͑FLFHL͒ such as Ménière's disease using psychophysical tuning curves ͑PTC͒, transiently evoked otoacoustic emissions ͑TEOAE͒, binaural pitch matches and speech recognition scores ͑SRS͒ in noise. In the literature, reversible hearing losses have been observed in about 50 % of the patients, but sometimes improved SRS can be observed in patients without hearing threshold improvement. This indicates possible effects of pressure treatment on cochlear frequency selectivity. The relative overpressure in the middle ear obtained after repeated exposures in hypobaric pressure chamber ͑total duration 18.5 to 28 minutes͒ was used to impose pressure gradients to the inner ear. The results indicated that the treatment effects were small, but slightly improved SRS in noise, TEOAEs emission strength and PTCs were observed after treatment. Pure tone hearing thresholds improved only for patients exposed to longer treatment durations. Subjective improvement at follow-up could not be predicted from the results. Although the effects were small, the data suggest that hypobaric pressure treatment may improve cochlear frequency selectivity in the affected ear in patients with monaural FLFHL.
2:20 3pPPb2. IPods listening levels on London Underground. Stephen Dance ͑London South Bank University, FESBE, Borough Road, SE1 0AA London, UK, dances@lsbu.ac.uk͒, Phil Wash ͑Bickerdike Allen Partners, 117-121 Salusbury Road, Queens Park, NW6 6RG London, UK, pwash @bickerdikeallen.com͒
In the last 5 years the prevalence of the iPod"MP3 players has grown exponentially. The use of such in-earphones under urban conditions has been reported widely in the press at the anecdotal level. This study compared listening levels under quiet conditions and that representative of a London Underground train journey. Calibrated recordings of underground trains running in tunnels were played through loudspeakers in an anechoic chamber, whilst pop music or speech podcasts were played through the iBuds. Thirty-three participates listened to the iPod whilst a Binaural Head and Torso measured the noise levels through the in-earphones. The participants had time to adjust the volume setting on each occasion. A small audiometric study was undertaken for those participates with particularly high and low volume settings a week after the tests were completed. Results show very high volume settings were used when speech was played with the train noise. This study evaluates the sound pressure at the ears of users of personal digital audio players, equipped with in-ear earbuds. More than 50 devices were measured, provided by students aged 15"18. EN standard 50332 specifies the techniques for measuring the sound pressure level at the ears employing an head and torso simulator equipped with binaural microphones, when the gain control of the device is set to maximum. In this study, however, two measurmenets were performed on each device, one at maximum level, and another at the level at which the device had been left by the user after last listening. This way, on a statistical basis, it is possible to relate the effective exposure in daily usage with the maximum loudness of which the device is capable. Furthermore the study did also analyze the spectrum of the test signal: whilst the EN standard mandates for the IEC programme simulation noise, the analysis of thousands songs taken from the players under test revealed a slightly different spectrum, characterized by more boost at low frequencies and larger crest factor. The results of the study did show a relevant hearing risk for users of these personal digital audio players, which exceed noise exposure limits even when used for just one hour per day. With the ubiquitous presence of Personal Stereo Players ͑PSPs͒, namely iPods™ and the like, many hearing conservationists have raised concerns about the temporary and permanent hearing damages that could result from long exposure to loud music playback, especially among adolescents and teenagers. The crux of the problem can be identified as an overexposure of the auditory system. In order to reduce the dose received by the PSP listener, the playback level and"or the duration should be reduced. Assuming that the duration of the music playback experience is really up to the user, the remaining parameter is the music playback level. The purpose of this study is to first understand -from the available public and scientific literature -what factors are influencing the PSP playback level; and second, to investigate if the use of earphones featuring good attenuation of the ambient noise level would lead to a reduced playback level, hence a reduced dose and eventually less auditory damage. Other benefits on sound quality that are associated with isolating earphones will be presented in a third part. Finally the article will review other safety mechanisms that could be used in earphones and PSP to make them safe for the hearing. Clear standards have been established for workplace noise. These are designed to protect workers against noise-induced hearing loss. That occupational hearing loss still occurs despite such standards may reflect a variety of issues ranging from enforcement of standards, to adequacy of standards, and problems of noise assessment. An additional factor that influences susceptibility to noise-induced hearing loss is the presence of chemical contaminants in the workplace that render the auditory system especially vulnerable to noise. We report on the ability of aviation fuels to potentiate noise-induced hearing loss in laboratory rats. Subjects were exposed to JP-8 jet fuel, a synthetic fuel produced from coal using the Fischer-Tropsch method, or to clean air. Half of the subjects received a moderate noise exposure following fuel or air exposure. The noise exposure was designed to produce a temporary threshold shift. JP-8 ϩ noise produced greater disruption of distortion product otoacoustic emissions as well as the auditory threshold than did noise alone. Supported by VA Rehabilitation Service grants and the American Petroleum Institute.
WEDNESDAY AFTERNOON, 2 JULY 2008 ROOM 240, 2:00 TO 3:40 P.M.
Session 3pSCa
Speech Communication: Phonetics In prior studies ͓JSLHR 47, 1259 -69, 2004 JASA 116, 2338 we found that speakers' auditory acuity for synthetic sibilant ͑"s", "sh"͒ and vowel stimuli was correlated with the degree of acoustic contrast they produced. This outcome is consistent with the view that the articulatory movements underlying phonemic contrasts have auditory goals. There was also a cross-speaker relation between sibilant contrast and use of contact between the tongue tip and lower alveolar ridge for "s" ͑but not "sh͒, indicating that such contact is a somatosensory goal for "s". In the current study, another, larger group of subjects also showed relations between measures of auditory acuity and acoustic contrast for sibilants and vowels. To determine whether the idea of a somatosensory goal for "s" would also be supported by a relation between acuity and contrast, we made measurements of somatosensory discrimination. Small plastic ͑JVP͒ domes with grooves of different spacing were pressed against each subject's tongue tip and the subject was asked to identify one of four possible orientations of the grooves. A wide range of individual performance was observed with a bias-corrected sensitivity measure. Correlations with produced sibilant contrast and further analyses will be reported. ͓Research supported by NIDCD, NIH.͔ 2:20 3pSCa2. Perceptual explanations of articulatory variability in the realisation of the nasal feature for the consonants. Jacqueline Vaissière ͑Laboratory of Phonetics and Phonology, 19 rue des bernardins, 75005 Paris, France, jacqueline.vaissiere@univ-paris3.fr͒ This paper illustrates how the perceptual constraints explain the observed articulatory and aerodynamic inter-speakers and inter-languages variability between initial nasal consonants ͑"n"͒, and unreleased final consonants ͑"N"͒. In the case of "n", only a short, well-defined region around the consonant release needs to be nasalized for the consonant to be perceived as nasal. In the case of "N", because of the lack of a nasal release, a longer span is needed for deciphering the presence of nasalisation; contextual nasalization of the preceding vowel can be avoided, but in that case, the nasal murmur has to be long to be perceived ͑since the first part of the murmur is perceptually masked by the vowel͒, and"or "N" has to be released. Such observations argue for the division of the nasal consonant into three parts, onset, murmur and release: the realisation of the nasal feature is aligned around the "N" onset, and around the "n" offset. It also argues for a better integration of the perceptual requirements and masking phenomena in modelling the observed variability. Finally, it shows that a feature can be realized very differently depending on the position of the phoneme in the syllable. Whispered speech is a naturally distorted speech signal. Whereas it preserves some characteristics of fully phonated speech, some important acoustic cues are removed, diminished or altered. The prominence of acoustic cues in whispered speech may change due to the physical properties of the whispered speech signal, i.e., decreased intensity, the absence of periodic vibration of the vocal folds, damping of F1, shift of the formants and flattening of the amplitude envelope. Such changes affect the acoustic cues both for vowels ͑e.g. vowel height͒ and consonants ͑e.g. voicing contrasts͒. The objective of the present project was to explore the acoustic cues for poststressed syllable-final consonant voicing contrasts and the vowels preceding them in continuous whispered speech of American English speakers and to compare the results with those in fully phonated speech. The stimuli were recorded in the carrier sentence ЉI'll utter "habVC" off the listЉ. The consonant pairs included voiced"voiceless bilabial stops "b-p" and labiodental fricatives "f-v", each combined with 11 AE vowels "i, I, ЉepsilonЉ, e, ae, a, Љturned-vЉ, o, Љopen-oЉ, u, ЉhorseshoeЉ". Preliminary results showed that vowels had longer duration in whispered speech than in fully phonated speech. Spectral dispersion, temporal contrastivness of vowels; F1, and vowel duration cues will be reported in the presentation. It is well known that vowels can be produced in isolation, acoustically stable in such a way that they are represented as points in the F1-F2-F3 space. Vietnamese language presents 13 vowels, however, Vietnamese can only pronounce 9 vowels ͓i, u, e, o, , a, , , ␥͔ in isolated mode. A previous study showed that the 4 remaining vowels ͓␣, ␦ , , ⑀ ͔ have the same acoustic characteristics ͑F1, F2, F3͒ as, respectively, the vowels ͓a, , , ␥͔, but their dynamic characteristics ͑the rate of CV transitions͒ are clearly distinct. Measurements show us that vowels durations of ͓␣, ͔ are always shorter than the one of corresponding classical vowels ͓a, ␥͔ and are not acoustically stable. For test perceptions ͑with 10 Vietnamese people͒, synthesized syllables ͓a-t͔ and ͓␥-t͔ with changing vowel duration are recognized as ͓␣-t, -t͔ when then duration of initial vowel ͓a, ␥͔ are 60% -70% shorter. It means that the vowel duration is an important parameter that allows Vietnamese distinguishing the long vowels and short vowels in Vietnamese language. This paper further analyses the production of Vietnamese CV, including long vowels and short vowels in terms of duration, formant evolution and rate of C.V transitions. This paper describes the acoustic properties of the interdental approximant, a rare speech sound reported to date only in a dozen languages in the Philippines. The measurements analyzed here are based on recordings of one female speaker of Kagayanen. The interdental approximant exhibits acoustic characteristics typical of semi-vowels: the formant pattern is similar to that of vowels, and the formant transitions with adjoining vowels have a long duration, usually 35 ms or more. The values of F2 and F3 are analogous to those of the Kagayanen ͓l͔, a prototypical voiced alveolar lateral; the only significant formant value difference between the two sounds involves F1: the interdental approximant has a mean of 508 Hz ͑nϭ9͒, whereas the mean for ͓l͔ is 368 Hz ͑nϭ9͒. On the other hand, while these two segments sound impressionistically similar, the interdental approximant differs acoustically from ͓l͔ in several other respects as well: there is no abrupt change in the formant pattern at the junctures with adjoining vowels, the higher formants ͑F6 and above͒ are not reduced in intensity, and F3 is not enhanced in intensity compared to semi-vowels.
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Speech Communication: Prosody II This study investigates the potential contribution of visual information in the audiovisual perception of prosodic contrastive focus in French. Contrastive focus is used to attract the listener's attention to a specific part of the utterance. Mostly conceived of as auditory"acoustic, it also has visible correlates which have been shown to be perceived. This study aimed at analyzing the interaction between audition and vision for the perception of prosodic focus by using a whispered speech paradigm. It was based on audiovisual recordings from 4 speakers wearing no facial markers. It combined performance assessment to reaction time measurements and confirmed and extended preliminary results obtained on 2 speakers wearing facial markers ͑needed for a parallel articulatory analysis͒. The results showed that adding vision to audition for the perception of prosodic focus can not only improve perception performances but can also reduce perceptual cognitive load. A further analysis suggested that the two modalities are integrated for the perception of prosodic focus. Visual only perception was facilitated for whispered speech suggesting an enhancement of visual cues. Moreover, the absence of facial markers did not impair perception. Therefore facial markers do not seem to enhance the relative importance"salience of visual cues. A test corpus controlling for vowel type, syllable number and position of the focused word, based on the utterances ЉDagada gave Anne a dada ͑daily͒Љ and ЉA dada gave Anne dagadas ͑daily͒Љ, was produced using four prosodically different contours, involving high ͑H*͒ and low ͑L*͒ pitch accents on either ЉdagadaЉ or ЉdadaЉ, in declarative and interrogative forms eliciting different boundary tones. Analysis of five repetitions spoken by four male and four female native American English speakers reveals that for most speakers, the presence of boundary tones on the target word shifts the accentrelated F0 peak earlier when other factors are held constant. Preliminary results suggest effects of boundary tone on H* F0 peak height as well. This study investigates the acoustic realization of double focus in statements and declarative questions in English. Five speakers produced eight sets of utterances with alternating focus ͑medial, final, or double͒ and sentence type ͑statement or declarative question͒ conditions. F0 analyses indicate that the effect of double focus on the global pitch range and the local pitch target is somewhat moderate when compared to that of single focus: 1͒ Post-focus pitch range suppression shows a smaller magnitude in doublethan in medial-focused statements, 2͒ Post-focus pitch range raising is less dramatic in double-than in medial-focused questions, and it ends before the stressed syllable of the second focus in double-focused questions, in order to realize a rising pitch target for the on-focus stressed syllable, and 3͒ pitch targets of on-focus stressed syllables are more fully realized ͑i.e., showing steeper slopes or higher registers͒ in single-than in double-focused sentences. Duration analyses indicate that the length of the double-focused item is in between those of the corresponding single-and non-focused item, with the single-focused stressed syllable having the longest duration. These findings demonstrate a delicate balance among the realization of lexical stress, focus, and sentence type in English.
3:00 3pSCb4. Melodic prominences structures: exploring to what extent the speaker variability is spreading. Geneviève Caelen-Haumont ͑MICA Center, C10, Hanoi Universirty of Technology, 1 Dai Co Viet Str., Hai Ba Trung, Hanoi, Hanoi, Viet Nam, genevieve.caelen@mica.edu.vn͒ Melodic prominences in speech have a deserved reputation of conveying a great part of variability, as they are greatly based on subjective impulse and feelings. We think that these specific contours are nevertheless relevant, and that their structure, while obeying to internal laws of regulation, allow also a range of speaker variability. Generally no specific tool was used to describe these FO contours with precision. An automatic analysis tool MEL-ISM was then developed by Caelen-Haumont and Auran ͑2004͒ allowing accurate descriptions of F0 salience ͑melisms͒. This paper aims at 1°de-scribing the MELISM tool, the automatic segmentation, the annotation, the melodic labelling of the melism structure it provides in the prosody domain 2°presenting the main results over 4 speaker exploring to what extent the speaker variability spreads. The melism structures are explored and analysed such as the whole variability is reduced through three major components ͑onset, nucleus, coda͒ and their respective subparts, where only the nucleus is the compulsory part. Statistics running on these structures put to light a set of interesting laws about the internal regulation of melisms but in the other side, the part devoted to the speaker variability. This pioneering study investigates the relationship between prosody and syntax of Sakizaya, an endangered Formosan language in eastern Taiwan. Both elicitation data and spontaneous data were collected from five informants ͑aged 48 to 74͒, in order to provide a more thorough sketch on this VSO language with clear case marking and voice systems. Preliminary results showed that in descriptive sentences, prosodic units and syntactic units do correlate with each other, depending on which of the four voices is used. ͑The four voices in Sakizaya: agent-, patient-, instrumental, and locative voices͒ However, once specific functions are imposed onto a sentence, they will override this ЉdefaultЉ setting, and adopt corresponding prosodic patterns for the ease of communication. For example, in this language, the default position to receive a nuclear accent should be the ultimate syllable of a sentence; however, we observed an accent shift onto the penultimate syllable for yes"no questions, exclamations, as well as continuously progressive sentences. In negation sentences, pitch peaks are distinctively higher in the accented syllable of the negator ͑which posited sentence-initially͒, instead of the ultimate syllable in sentence-final position. Lastly, case markers and voice markers were found as preferred positions for speech planning and repair. This work addresses the ЉAs-BuiltЉ modeling problem in ultrasonic nondestructive evaluation ͑NDE͒, in which one is given measurements of a mechanical part before and after use. The condition of the Љas-builtЉ part ͑prior to use͒ is known, so that after the part has been used, it can be tested for damage. This enables a two-step model-based approach: ͑1͒ Given input-output measurements ͑A-Scans͒, estimate a dynamic prediction-error model of the Љas-builtЉ measurement͑s͒ using system identification algorithms. The model is validated by testing the innovations ͑residuals͒ for statistical whiteness and then stored for future use. ͑2͒ Later, when testing the part for damage, the error between the measurement and the output of the stored model is tested against a short-term whiteness confidence interval test statistic. If the part passes the test, this implies that the model remains valid and the part is declared undamaged. If the part fails the test, this indicates a model mismatch, which means that the part's acoustic properties have changed, and the part is declared damaged. Performance of the algorithms is demonstrated using real measurements, receiver operating characteristic ͑ROC͒ curves and a confidence interval about the probability of correct classification. The objective of this talk is to present a novel method which can perform the fast computation of the times of arrival of seismic waves which propagate between a source and an array of receivers in a stratified medium. This method combines signal processing concepts for the approximation of interfaces and wavefronts, and ray theory for the propagation of wavefronts. The main idea is to put in adequation the computations with the the precision and the resolution of the source signal in order to avoid unnecessary computational effort. This new approach leads to the redefinition and simplification of the model through which waves propagate. The modifications are governed by the spectral characteristics of the source signal. All rays are computed without any omission at a much lower cost in computing time than classical methods. In addition, we will show how to include surface waves such as head waves within the proposed method. Modern seismic exploration geophysics attempts to construct a model of the earth's subsurface using measurements taken at the earth's surface. The recorded measurements comprise datasets with billions to trillions of samples. Despite the size of the datasets, models are often poorly sampled because of the complexity of the earth's subsurface. Therefore, the resultant model is poorly determined for many components. The massive size of our problems introduce additional limitations. We are limited to adjoint-based inversion methods, we can never afford to iterate to true convergence, and most importantly we make approximations to the physics in our operators. These limitations introduce spurious events when inverting. Significantly improved results can be obtained by incorporating regularization that incorporates a priori knowledge of the physics and geology into the inversion process. We consider in this paper the problem of the determination of the permittivity profile of an unknown buried object from measurements of the electromagnetic scattered field. The target under test is assumed to be buried in one of the two involved media while the sources and the receivers are located in the other medium ͑limited-aspect data configuration͒. This illposed and non-linear inverse scattering problem is reformulated as an optimization problem that is solved iteratively. This method consists in building up a sequence of the parameter of interest by minimizing, at each iteration step, a cost functional representing the discrepancy between the data and those that would be obtained with the best available estimation of the parameter. In addition, when clutter is present, the decomposition of the time reversal operator method is used to improve the signal-to-clutter ratio, since it allows us to synthesize a wave that focuses on the scatterer. The data associated with this incident field are included in the iterative minimization procedure. Analyzing natural signals constitutes the main tool for characterization of physical phenomena. Underwater channel is an example of a natural environment potentially characterized by signals generated by various sources : underwater mammals, human activity noise, etc. In order to efficiently exploit the information from these signals two major problems should be addressed. First, since the signals are unknown or disturbed by unpredictable factors, we are deal with a blind processing context. That is, the lack of a priori hypothesis has to be considered. Generally, the signal has a complex shape characterized by multi-component non-linear time-frequency structures. The proposed solution consists in focusing our processing on non-parametric time-frequency analysis considering also fundamental signal items such as time-frequency energy and local phase analysis. The second problem is related to the complex connection between physical parameters of a phenomenon and parameters of signals characterizing this phenomenon. The proposed approach consists of combining the physical model with the information provided by a parametric representation of the signal. This framework helps to the definition of the concept of underwater passive tomography which provides the characterization of the underwater channel of interest by In April 1989 an acoustic experiment was performed over the abyssal plain south of Msderia in which transmissions were made, for about an hour, at 482, 680 and 740Hz from a ship steaming at 5kts to a receiving array towed by another ship 65km away travelling on a parallel course at the same speed. The signals arrived by two paths, an upper path trapped in the surface duct and a lower path via the main sound channel. This paper describes the experiment and analyses the intensity fluctuations in the signal received by the lower path. We investigate the horizontal structure of intensity fluctuations in the ocean when these are mainly due to internal waves. This aspect of such acoustic intensity fluctuations has received little attention until now. The experimental results are compared with theoretical predictions based on the parabolic moment equations for propagation and scattering in randomly irregular media, and on the stnadard Garrett-Munk model for ocean internal waves. The experimental results and theoretical predictions agree quite well but some new questions arise about the correlation of intensity fluctuations as the acoustis transmission frequency is varied. We derive exact moments for pulse propagation in a dispersive medium. These moments are not only inherently interesting but clarify the validity of a recently proposed approximation scheme for wave propagation. The approximation method for pulse propagation is based on the Wigner positionwave"number representation and is very accurate, easy to apply, and moreover is physically illuminating. In particular one obtains the evolved approximate Wigner distribution from the initial Wigner distribution by a simple linear translation in phase space. Propagation with damping is also taken into account. We will show that the reason for the high accuracy of the approximation is that the important low order moments are exactly given by the approximation and that these low order moments preserve very well the basic shape of the pulse. Moreover, now that we understand why the approximation method works well, the approximation can be systematically improved. We give a number of specific examples of exactly calculable moments to illustrate the method and we compare exact and approximate moments. The work of PL is supported by The Research of LC was supported by AFOSR and the work of PL is supported by ONR ͑N00014-06-1-0009͒ Qualitative observations from bottom-mounted US Navy SOSUS receiving stations in the North Pacific reveal anomalously deep acoustic arrivals at travel times directly corresponding with timefronts expected to have turned much higher in the water column. The vertical structure of these shadow zone arrivals was studied during SPICEX, a long-range propagation experiment conducted from June to November 2004 in the North Pacific, utilizing moored sources 500 and 1000 km distant from two vertical line array receivers, which together virtually spanned the full ocean depth. Comparison of the measured absolute intensities of shadow zone arrivals with Monte Carlo parabolic equation simulations suggest that the amount of internal wave scattering associated with the standard Garrett-Munk ͑GM͒ internal wave spectrum is not adequate to account for the extent of scattering into the acoustic shadow evident in the experimental data, suggesting either that the GM spectrum is not an appropriate representation of the internal wave field or that some other mechanism, such as oceanic spice, may be also be contributing to the scattering. In the SWellEx-96 experiment, two 25-elements horizontal arrays, each of length 250 m, were moored 3.5 km apart ͓N.O. Booth et al, IEEE, JOE, 25, no 3, July 2000͔. A broadband source ͑50 to 400 Hz tones͒ was towed from 1 km to 10 km away from the arrays. The data is processed using the simple conventional plane-wave beamformer for all the cases covering incoherent frequency and incoherent inter-array processing to coherent frequency and coherent inter-array processing as a function of source position relative to the arrays. The effect of noise and array element location mismatch on source localization and coherent processing gain is investigated. An attempt to improve array element localization is made using a selffocusing technique. ͓Work supported by ONR.͔ Longitudinal correlation coefficient is one of the most important parameters for signal processing in ocean acoustics. Multi-path interference is an important effect on the decrease of the longitudinal correlation for low frequency sound propagation in shallow water. In this research, the FrequencyPhase-Shift Relationship ͑FPSR͒ between the Frequency Response Function ͑FRF͒ of sound propagation at two horizontally separated locations based on waveguide invariant is derived. The validity of the FPSR is demonstrated by both numerical simulations and data from two experiments. Experimental data also show that the decrease of the longitudinal correlation coefficient of low frequency signals from explosive source due to multi-path interference can be conquered significantly with the FPSR. ͓Work supported by the National Natural Science Foundation of China under Grand No 10734100͔. Engineering, 14395-515 Tehran, Iran, kamarei@ut.ac.ir͒ In this paper we propose a new source localization method using additive noise modeling based on Generalized Autoregressive Conditional Heteroscedasticity ͑GARCH͒ time-series. In an actual application such as underwater acoustics, the measurement of additive noise in a natural environment shows that noise can sometimes be significantly non-Gaussian and nonstationary, and therefore, signal processing algorithms that are optimized for Gaussian noise, may degrade significantly in this environment. GARCH models are feasible for heavy tailed PDFs and time varying variances of stochastic process and also has flexible forms. We use a more realistic GARCH͑1,1͒ based noise model in the Maximum Likelihood Approach for the estimation of Direction-Of-Arrivals ͑DOAs͒ of impinging sources. In the performance analysis of the method, we examine the suitability of the proposed method in a passive sonar using simulation methods with cramer-rao bound ͑CRB͒ and perturbaion appraoch such as gain, phase and sensors positions errors. The bistatic sonar is often influenced by the direct wave, especially when the target approaches the baseline of the system. The direct wave is above 50dB higher than the scattering signal level. The paper analyzes the effect of the direct wave, and proposes a new method based on wavelet transform for direct wave suppression. The strong direct wave is well eliminated while maintaining the weak scattering signal almost unchanged. The basic idea is that the direct wave is firstly removed form the received signal after wavelet transform. Then the signal is reconstructed in time domain, finally the cross-correlation is achieved to shown the doppler frequency shift of the weak scattering signal. Computer simulation is given. The crosscorrelations of the received signal for both before and after the direct wave suppression are compared. It shows that the influence of the direct wave is correctly removed, the time delay and Doppler frequency shift are shown in the figure and the target is detectable. In many applications, such as measuring the underwater noise level of moving ships, underwater acoustic measurements face serious difficulties related to several factors, including low signal-to-noise ratio, effects of surface and bottom on signal, as well as complicated spatial structure of the sea interference. The increase of the measurement interference resistance, compared to the case of a single receiver ͑hydrophone͒, can be provided by the use of spatially distributed receiving systems ͑antenna arrays͒, which are able to suppress the interference due to their spatial selectivity. The present work is aimed at developing adaptive methods for underwater acoustic measurements with the use of vertical antenna arrays. The method must provide the maximum reduction of external interference keeping the given measurement accuracy, i.e., the result must coincide with the output of a single receiver in the absence of interference. From the point of view of synthesis of array systems, the originality of the presented approach is mainly in conjunction of measurement functionality of the antenna array and the maximum interference suppression. The results of numerical simulation and experimental testing under sea conditions show that the proposed adaptive methods provide high precision of measurements under strong and"or complex interference conditions.
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Underwater Acoustics and ECUA: Objects Scattering and Detection Sven M. Ivansson, Cochair Swedish Defence Research Agency, FOI Kista, Stockholm, SE-16490, Sweden Ahmad Abawi, Cochair HLS Research, Inc., 3366 N. Torrey Pines Ct., Ste. 310, La Jolla, CA 92037 Thin rubber coatings with cavities in a doubly periodic lattice are able to reduce reflections of underwater sound by redistributing normally incident energy such that absorption in the surrounding rubber is enhanced. For spherical scatterers, the anechoic effect can be studied numerically by the layer multiple-scattering method. In comparison to more flexible but also more computer intensitive methods, such as FEM modeling, there are two important advantages. An improved physical understanding of the anechoic effect can be achieved by simplified semianalytical analysis, and the high computational speed allows modern global optimization techniques to be applied for coating design. In this paper, the flexibility of the layer multiscattering method is improved by combination with an efficient algorithm for numerical computation of transition matrices for superellipsoidal scatterers. Extensions to mixtures of nonspherical scatterers of different types are also considered, in order to enhance the broad-band performance. Symmetry properties are used to reduce the size of the pertinent equation systems. Examples of numerical coating design for underwater acoustic applications are presented, using differential evolution algorithms for the optimization.
2:20 3pUWc2. Scattering from rotationally-symmetric objects using only free space Green's functions. Ahmad Abawi ͑HLS Research, Inc., 3366 N. Torrey Pines Ct., Ste. 310, La Jolla, CA 92037, USA, Abawi@HLSResearch.com͒, Michael B. Porter ͑HLS Research, Inc., 3366 N. Torrey Pines Ct., Ste. 310, La Jolla, CA 92037, USA, michael.porter @hlsresearch.com͒ To compute scattering from an object, one has to solve the wave equation and impose the appropriate boundary conditions on the surface of the object. For objects for which the wave equation can be separated, like cylinders, spheres and spheroids, this problem can be solved analytically. For more general objects, methods like the finite element or boundary element techniques can be employed. The use of free space Green's functions offers another method for computation of scattering from a general-shaped object. This method, which is known as the method of field superposition or the virtual source technique, can be used to impose the appropriate boundary conditions on the surface of the object by using free space Green's function with complex amplitudes. These amplitudes are determined from a matrix equation that results when boundary conditions are imposed. In this paper we apply this technique to compute scattering from rotationally symmetric objects. These objects can be homogeneous solids or shells, filled with a homogeneous fluid. The versatility and robustness of the method is demonstrated by applying it to various objects in free space and in a waveguide. Commonly used Diver Detection Sonar ͑DDS͒ are characterized by detection and tracking as well as intruder warning in limited range 300 m Ϭ 600 m. A new approach to underwater protection is focused on multimonostatic, bistatic and multistatic active sonar barriers ͑ASB͒. This paper describes key features of a multi-monostatic ͑MM͒, bistatic ͑BS͒ and multistatic ͑MS͒ operation in the littoral beginning from system configuration, its performance and constraints. A new type of acoustic devices in a form of a transmitting"receiving module and its application in active sonar barriers ͑ASB͒ has also been presented. Coverages and ranges of barriers for various technical parameters, environmental conditions and wave propagation as well as modules location ͑including transducers' depth, azimuth and inclination͒ have been studied. The application of active sonar barriers ͑ASB͒, especially in protection systems, has been presented as barriers protecting docks, harbour basins, ships at piers or harbour entries. The new type of a monostatic"bistatic acoustic barrier in technology demonstrator form, has been designed and constructed. In order to display detection and localization of the small underwater objects as well as their tracking and classification the performance tests of the barrier will be conducted. The results of the tests will be attached to the paper. Many new roles are being proposed for Autonomous Underwater Vehicles ͑AUVs͒ to carry out hazardous tasks in harsh or remote locations and to free up valuable resources required for manned missions. These roles include marine environmental survey, target detection and classification and tracking of underwater pipes and cables. Suitable sensing and processing packages must be provided and building on recent wideband sonar research, the Ocean Systems Laboratory ͑OSL͒ is putting together a wideband system for deployment on board a REMUS AUV. The prototype sensor package comprises paired projectors and receivers mounted in a side-looking arrangement to provide complementary information to the standard REMUS sidescan modules. The sensor bandwidths cover a range from 30-130kHz similar to those used by the bottlenose dolphin. Data is gathered autonomously with a dedicated AMD Geode based PC104ϩ PC controlling a 4-channel 800kHz simultaneous sampling data acquisition module. Acquisition is triggered to coincide with mission requirements from a separate mission control PC on board the vehicle.
